Abstract-A goal in the software radio design philosophy is to place the analog-to-digital converter as near the antenna as possible. This objective has been demonstrated for the case of a single input signal. Bandpass sampling has been applied to downconvert, or intentionally alias, the information bandwidth of a radio frequency (RF) signal to a desired intermediate frequency.
I. INTRODUCTION
T HE CONSTRUCTION of a software radio is based on two simple design goals [1] . First, the analog-to-digital converter (ADC) should be placed as near the antenna as possible in the chain of radio frequency (RF) front-end components. Second, the resulting samples should be processed on a programmable micro or signal processor. These two guidelines will enable the realization of all the benefits associated with the software radio.
Traditionally, a front end consists of multiple stages of amplification, filtering, and downconversion to process a single RF transmission, as depicted in Fig. 1 . In following the premise of moving the ADC as close as possible to the antenna, a minimal set of front-end components can be obtained as shown in the second configuration of Fig. 1 . These components can be targeted to operate on a single RF transmission or across a spread of frequencies containing multiple RF transmissions, as would be the case in a true software radio. This minimal set consists of the antenna, amplifier(s) to achieve the necessary gain to trigger the ADC, filter(s) to limit the desired bandwidth, and the ADC. In this configuration the RF signal is sampled directly, as no downconversion is performed. Ideally, the ADC would operate at slightly higher than twice the greatest carrier frequency of interest so that the resulting information bandwidth ( ) would contain all frequencies from DC up to /2. The processor, via software, could then be used to digitally filter, decimate, and further process a particular RF transmission. Thus, a single hardware configuration could operate as multiple receivers simply by changing the software programming.
The caveat here is the current lack of real time programmable processing power. In the examples which follow, the highest frequency of interest is approximately 1.6 GHz, which would require a sampling frequency of greater than 3.2 GHz. With present technology, it is inconceivable to imagine any discrete system capable of processing samples at that rate. Alternatives must be considered. One possible option would be to include one or more frequency translation stages. However, this adds additional hardware between the antenna and ADC contrary to the software radio design philosophy. A second option, which does adhere to the design goals, is the utilization of bandpass sampling.
Bandpass sampling is the intentional aliasing of the information bandwidth of the signal [2] , [3] . The sampling frequency requirement is no longer based on the frequency of the RF carrier, but rather on the information bandwidth of the signal. Thus, the resulting processing rate can be significantly reduced. This has been successfully implemented 0090-6778/99$10.00 © 1999 IEEE for signals with a carrier frequency and null-to-null bandwidth of approximately 1.6 GHz and 2 MHz, respectively [4] .
In order to fully exploit the flexibility of the software radio, it is necessary to demonstrate the ability to process multiple signals using a single front end and simply changing the software on the processor. Ideally, a span of the frequency spectrum would be bandpass sampled, digitally filtered, decimated, and further processed. The difficulty here, again, is the associated processing rates, even when bandpass sampling is used. As an example, consider two signals, each with 20-MHz bandwidths centered at 1.2 and 1.6 GHz. The use of bandpass sampling would reduce the required sampling frequency to approximately 800 MHz, as has been demonstrated in [5] . However, sampling at 800 MHz still requires tremendous computational power to process the resulting samples, particularly when the desired information bandwidth is on the order of 40 MHz.
The following proposes a front-end design suitable for use with the software radio utilizing present processor technology. The resulting sample and computation rates are based strictly on the information bandwidths of the desired transmissions. The theory can be extended to include any arbitrary number of signals. What follows is a description of single signal bandpass sampling, which is then extended to multiple signal bandpass sampling. A hardware implementation of the technique for two signals is presented as an example. Finally, a further reduction in sampling/processing rate requirements is proposed and implemented when the input signals use code-division multiple-access (CDMA) modulation.
II. BANDPASS SAMPLING
Bandpass sampling is the technique of undersampling a modulated signal to achieve frequency translation via intentional aliasing [2] , [3] . A high-level frequency-domain depiction of this process, based on the direct sampling front end from Fig. 1 , is presented as a four-stage process in Fig. 2 .
The signal enters through the antenna and is processed by the low-noise amplifier (LNA) amplifying all frequencies within the bandwidth of this component (stage 1). The amplified signal then passes through a narrow bandpass filter centered above the carrier frequency. This filter attenuates frequencies outside of the information band (stage 2). Next a sampling frequency is selected, which defines the resulting sampled bandwidth as well as the arrangement of the aliasing triangles depicted in stage 3. After sampling, the information band, as well as noise from each aliasing triangle within the analog input bandwidth of the ADC, is folded into the resulting sampled bandwidth (stage 4). Thus, the information band is translated without any local oscillator mixing and image filtering.
A mathematical relationship describing the translation of the carrier frequency to the resulting intermediate frequency is developed as a function of sampling frequency and presented in if fix is even odd
(1) where fix is the truncated portion of argument and is the remainder after division of by . It is important to recognize that (1) provides a means of calculating the resulting intermediate frequency (IF). Associated with this IF are the corresponding modulation sidelobes that designate the information bandwidth. It is important that be chosen so that the entire information bandwidth is translated within the resulting sampled bandwidth. This can be ensured if the constraints in (2) and (3) are met
If these constraints are not met, a portion of the information bandwidth of the signal can fold on top of itself, creating interference. If the above constraints are met, bandpass sampling provides an attractive alternative to sampling at twice the carrier frequency.
It is important to consider the tradeoffs associated with using bandpass sampling in comparison with traditional sampling. Again, the primary advantage is that sampling frequency and consequent processing rate are proportional to the information bandwidth rather than the carrier frequency. Bandpass sampling has some fairly unique hardware requirements that may be considered disadvantages. One critical requirement is that the analog input bandwidth of the ADC must accommodate the RF carrier, although its sampling frequency can be much less. A narrow bandpass filter centered about the RF carrier with steep rolloff is a second requirement. This filter must attenuate all frequency energy, essentially noise, outside the information bandwidth. This is important, as all frequency energy from DC to the input analog bandwidth of the ADC will fold or alias into the resulting passband, thus affecting the signal-to-noise ratio (SNR) of the information band. In the case of high-frequency narrow-band signals, the necessary bandpass filter may require an extremely high .
III. MULTIPLE SIGNAL BANDPASS SAMPLING
If numerous distinct signals are to be processed in the software radio, a straightforward solution would be to increase the sampling frequency to accommodate a wider bandwidth and these added transmissions. This is the approach proposed by Brown for a global positioning system (GPS) 1 and 2 bands receiver that utilized an 800-MHz sampling frequency [5] . Although this is an ideal long-term solution, there is a significant obstacle to its use at the present time. This approach is computationally expensive, as complex discrete processing is required to manipulate samples at that rate.
What is described here is an alternative, a bandpass sampling implementation that can receive signals in a significantly reduced bandwidth. In this design, only the information bands are folded back into the resulting sampled bandwidth. This technique enables a front end to fold distinct information bands, which may have a wide separation in the RF spectrum, to adjacent positions in the frequency spectrum of the resulting sampled bandwidth. The front-end design and associated frequency-domain representation for the case is depicted in Fig. 3 [6] . The difficulty here is the choice of sampling frequency. Equation (1) can again be used to calculate the resulting position of the center frequency of each signal, and the constraints of (2) and (3) must be applied for each information band. However, an additional constraint is imposed: the information bands must not overlap in the frequency spectrum of the resultant sampled bandwidth. This can be expressed mathematically for two signals as (4) where the subscripts 1 and 2 refer to the IF and information bandwidths of each signal. This can be extended to included information bands as is expressed in (5) for (5) The application of (1)- (3), and (5) provides the constraints necessary to determine the sole parameter in the design of a software radio multiple signal bandpass sampled front end. This approach allows any number of RF signals to be digitized directly using the minimum allowable sampling frequency. The minimum possible sampling frequency for this technique will be the sum of the of the desired signals. However, in order to satisfy the constraints it may be necessary to increase the sampling frequency considerably.
IV. EXPERIMENTAL RESULTS
In order to demonstrate the multiple signal bandpass sampling approach, similar to that depicted in Fig. 3 , a frontend design was constructed. The signals of interest were two distinct satellite navigation broadcasts, namely GPS-SPS and GLONASS. GPS-SPS is a CDMA system with a center frequency of 1575.42 MHz and a 2-MHz null-to-null consisting of approximately 24 satellites, each with a unique spreading code [7] . GLONASS is a frequency division multiple-access system with 24 channels at frequencies 1602.0 + 0.5625 MHz ( represents the channel number) and each channel employs a CDMA-like spreading code for ranging purposes [8] . In the following experiment, only GLONASS channels 1-12 are utilized, as the frequency plan is to undergo revisions in the near future, that will eliminate a number of the upper frequency channels. GPS-SPS and GLONASS are ideally suited for this type of implementation: 1) both systems provide similar information and the combination is more robust, adding integrity to the measurements; 2) both systems require similar processing; and 3) the systems are broadcast at distinct nonadjacent frequency bands. This technique can be extended to incorporate additional GNSS broadcasts that would further enhance GNSS receiver design [9] .
The actual hardware configuration is depicted in Fig. 4 . An active GPS-SPS/GLONASS antenna fed a series of amplifiers and bandpass filters. Approximately 100 dB of gain was applied to the signal. In order to isolate the GPS-SPS and GLONASS signals, a splitter was used followed by individual narrow-band filters. For GPS-SPS, the filter had a center frequency of 1575.42 MHz and a 3-dB bandwidth of 3.2 MHz. The GLONASS filter was designed to pass channels 1-12 and, thus, was centered at 1605.656 MHz and had a 3-dB bandwidth of 7.5 MHz. After these final filters, the signals were combined and sampled. A TRW AMAD-7 high-speed monolithic 4-bit GaAs HBT ADC was used. The unit has a 2.5-GHz input analog bandwidth and can sample at rates up to 1.25 GHz.
Traditional sampling would require a rate in excess of 3.2 GHz, which is impractical. The state-of-the-art in ADC technology would have difficulty achieving that rate, but even more restrictive is the resulting discrete processing required. The next option would be to bandpass sample the entire frequency span of interest (approximately 1574-1610 MHz), digitally filter, and decimate the resulting samples. This would require a sampling frequency on the order of 70 MHz, well within the bounds of the ADC proposed, yet the implementation of the digital filter/decimation network is computationally expensive. The minimum direct sampling rate can be achieved using the method proposed in this paper. The absolute minimum is determined by the information bandwidth, which is designated as the 3-dB bandwidths of the final filters of the signals of interest. In this case, that minimum is approximately 22 MHz, significantly less than any other method.
Although the rate of 22 MHz may fulfill the information bandwidth requirement, the actual sampling frequency must conform to the constraints given by (1)-(4). An iterative procedure, based on these equations, was developed to determine sampling frequencies that would meet the requirement, the results of which are displayed in Fig. 5 . This plot depicts the resulting frequency of the information bands for both GPS-SPS and GLONASS channels 1-12 as a function of sampling frequency. The boundary lines indicate the resulting sampled bandwidth. In the plot in Fig. 5(a) , the various sampling frequencies, from 20-40 MHz are tested. It is obvious that the constraints will fail region 20-22 MHz as the minimum is not met. Ideally, a sampling frequency could be found right at or slightly above the 22-MHz absolute minimum. The resulting information bands are plotted only for acceptable values (values for which all constraints were met) of the sampling frequency. This first plot provides an interesting observation. The lowest acceptable sampling frequencies are between 24-25 MHz, yet there is a wide span of greater sampling frequencies (25-35 MHz) which provide an ade- quate information bandwidth but do not meet the required constraints. This is a result of the nonlinear nature of the constraints imposed by the equations. Fig. 5(b) zooms into a region of the lowest acceptable sampling frequencies. Here a potential sampling frequency of 24.205 MHz is shown to meet the necessary constraints. This sampling rate will downconvert, or alias, the GPS band to an IF at 2.095 MHz and the GLONASS channels to (4.47 + 0.5625) MHz. Data from GPS and GLONASS satellites were collected on March 31, 1997 at Wright-Patterson Air Force Base (Dayton, OH) at approximately 14:10 UTC. In the unprocessed data, viewed in both the time and frequency domains, there are no discernible signals and the collected data appears only to be white noise. This can be expected from both GPS-SPS and GLONASS CDMA signals which have received power levels below the noise floor of the receiver. An acquisition algorithm is required to identify the appropriate signal parameters and begin processing [10] . Once acquisition is complete and those signals in the data set have been detected, the spreading code can be removed to visually identify the resulting carriers in the collected data via the Fourier transform of the processed data. All visible satellites at the time of data collection were present in the collected data set. Fig. 6 shows the postcorrelation spreading code Fourier transform for distinct GPS-SPS and GLONASS satellites, each at the predicted frequency. Although five GPS-SPS satellites were identified in the collected data, only the strongest and weakest are shown in Fig. 6 for brevity. Thus, two distinct spectrums have been aliased to adjacent bands via direct digitization and a specific choice of sampling frequency.
The signal structure of these two systems constitutes a special case where a further reduction in sampling frequency is possible using the identical hardware configuration of Fig. 4 . Both systems employ unique spreading codes, thus it should be feasible to fold the spectra on top of one another ignoring the constraint of (4). It was calculated that a sampling frequency of 15.402 MHz could be used in this case, as is illustrated in Fig. 7 . There are two negative consequences associated with this further reduction. First, although each system has unique spreading codes, the maximum possible cross correlation between the sequences is nonzero (approximately 16 dB) [11] . The second issue is an additional 3 dB of noise across the entire GPS-SPS band and over that fraction of the GLONASS band where folding would occur. The identical hardware configuration used previously, shown in Fig. 4 , was used with a 15.402-MHz sampling frequency to collect a data set. Despite the degradation associated with the reduced sampling frequency, processing revealed all visible satellites present in the data set [9] .
V. CONCLUSIONS
A novel bandpass sampling technique has been proposed which calculates the absolute minimum sampling frequency for direct sampling of multiple RF signals. The lower bound on this minimum sampling frequency is the sum of the information bandwidths of the signals of interest. This minimization is critical in the design of a software radio, as the sampling rate directly determines the computational requirements, one of the primary bottlenecks in software radio design. The implementation is straightforward and only a single parameter, the sampling frequency, is involved in the optimization.
The theory has been verified for two signals, GPS-SPS and GLONASS. The frequency spectra of these two distinct nonadjacent bands were bandpass sampled and aliased contiguously in the resulting postsampled information bandwidth.
